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(54) Method and apparatus for DTMF signaling on compressed voice networks 



(57) A method of transmitting DTMF signals over a 
compressed computer network (24) comprises sending 
a packet containing a compressed DTMF signal fol- 
lowed by a confirmation packet. The confirmation 
packet preferably comprises an uncompressed DTMF 
signal which is transmitted on the same logical channel 
as the packets that represent voice signals. To detect 
the DTMF signal transmitted, a telephony Internet 
server (28) decompresses packets as they are 
received. If a packet appears to contain a compressed 
DTMF signal, the telephony Internet server looks for the 
presence of the confirmation packet before processing 
the previously received packet as a DTMF signal. In an 
alternative embodiment, the confirmation packet com- 
prises a code that represents a DTMF signal. The pack- 
ets that represent the voice signal and the code 
representing the DTMF signal are sent on separate vir- 
tual channels of the same logical channel. At a receiving 
end, data on one channel is directed by a separation 
logic block (114) to a speech decompressor (116) while 
another channel is directed to a DTMF signal generator 
(118) that generates a DTMF signal when a corre- 
sponding code is detected. The outputs of either the 
speech decompressor or the DTMF signal generator 
are applied to a receiving telephone (124). 
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Description 

Field of the Invention 

[0001] The present invention relates to communica- 
tion systems in general, and in particular to communica- 
tion systems that transmit telephone signals over 
compressed computer networks. 

Backgrou nd of the invention 

[0002] As an alternative to placing all telephone calls 
through, the public switched telephone network, many 
companies are utilizing the excess capacity in their 
computer networks to carry a portion of their telephone 
calls. This is advantageous because the company does 
not have to pay for each telephone call individually 
However, because such networks were not specifically 
designed for telecommunication, there are some inher- 
ent problems that occur when transmitting telephone 
signals over such networks. 

[0003] One common problem with telephone calls that 
are routed over computer networks occurs when a call 
is placed to a system or device that detects and 
responds to dual tone multi-frequency (DTMF) signals 
commonly referred to as Touch-toned™ signals. Such 
systems may include voice mail systems that allow 
users to store and retrieve messages or voice recogni- 
tion units (also called integrated voice response units) 
that are programmed to retrieve information after enter- 
ing one or more Touch-tone signals on a telephone key- 
pad. One example of a voice recognition unit is an 
automatic banking response system of the type com- 
monly provided by banks to allow users to access their 
accounts over the telephone. 

[0004] When telephone signals are transmitted over a 
computer network, such as a local area network (LAN) 
or wide area network like the Internet the telephone 
voice signals, as well as the DTMF signals are digitized, 
organized into a number of data packets, and com- 
pressed prior to transmission. Upon receipt, these data 
packets are decompressed and analyzed to reconstruct 
the original telephone signals. When a DTMF signal is 
compressed, transmitted over the computer network, 
and decompressed, the result is no longer a set of pure 
sinusoidal tones having predefined frequencies. 
Instead, the tones become distorted and can therefore 
be difficult to detect with a digital signal processor. As 
such, many communication systems do not support 
sending DTMF signals over compressed computer net- 
works. Alternatively, systems are required to store the 
telephone number of the voice mail or integrated voice 
response systems that can be accessed within a net- 
work. All calls to these systems are routed over uncom- 
pressed networks. The complexities of routing a call on 
either an uncompressed or compressed network, 
depending on the destination, is generally inefficient. 
[0005] Given the shortcomings in the prior art, there is 



a need for a method of reliably sending DTMF signals 
over compressed computer networks that does not 
require the use of additional channels or monitoring the 
destination called. 

5 

Summary of the Invention 

[0006] The present invention is a method of transmit- 
ting DTMF signals over a computer network. A received 

10 telephone signal is digitized, divided into a series of 
packets, and compressed using a conventional com- 
pression algorithm. The compressed packets are then 
transmitted on a data network. As the telephone signal 
is being digitized and divided into packets, it is continu- 

is ally analyzed to detect the presence of a DTMF signal. 
Upon the detection of a DTMF signal, an additional con- 
firmation packet is inserted into the stream of packets 
and transmitted after the compressed packet that repre- 
sents the DTMF signal. According to one embodiment 

so of the invention, the confirmation packet comprises the 
uncompressed DTMF signal. 

[0007] At a receiving end, packets are decompressed 
and analyzed to determine if they may represent a 
DTMF signal. If it appears that a packet containing a 

25 compressed version of a DTMF signal has been 
received, a receiving station looks for the confirmation 
packet. If the confirmation packet is present, the receiv- 
ing station knows that a DTMF signal was received and 
the DTMF signal is processed accordingly. If the conf ir- 

30 mation packet is not detected, then the compressed 
packet in question is treated as a voice signal. 
[0008] According to another embodiment of the 
present invention, a telephone signal to be transmitted 
over a computer data network is simultaneously com- 

35 pressed and analyzed for the presence of a DTMF sig- 
nal. If a DTTvlF signal is detected, a confirmation packet 
comprising a code that represents the DTMF signal is 
produced. The code representing the DTMF signal and 
the compressed telephone voice signals are transmitted 

40 on separate virtual channels of the same logical chan- 
nel to a receiver over a computer network. 
[0009] At the receiver, the received signals on each 
virtual channel are split such that one channel is 
decompressed while packets on the other channel are 

45 analyzed for the presence of the code representing the 
DTMF signals. If no codes are detected, the decom- 
pressed telephone signals are applied to a receiving tel- 
ephone. If a code representing a DTMF signal is 
detected, a corresponding DTMF signal is recreated 

so and applied to the receiving telephone. 

Brief Description of the Drawing s 

[001 0] The foregoing aspects and many of the attend- 
55 ant advantages of this invention will become more read- 
ily appreciated as the same becomes better understood 
by reference to the following detailed description, when 
taken in conjunction with the accompanying drawings, 
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wherein: 

FIGURE 1 is a block diagram of a communication 
system that transmits telephone signals on a com- 
pressed data network; s 
FIGURE 2 is an alternative embodiment of a com- 
munication system that transmits telephone signals 
on a compressed data network; 
FIGURE 3 is a block diagram of a system for trans- 
mitting DTMF telephone signals on a compressed 
data network according to the present invention; 
FIGURE 4 is a flow chart of the steps performed by 
.the present invention in order to transmit DTMF sig- 
nals on a compressed data network; and 
FIGURES 5A and 5B are flow charts of the steps 
performed by two alternative embodiments of the 
present invention in order to receive DTMF signals 
that are transmitted on a compressed data network 

Detailed Description of the Preferred Embodiment 

[0011] The present invention is a method of reliably 
transmitting DTMF signals over a compressed data net- 
work such as a local area network (LAN) or a wide area 
network, like the Internet 

[0012] FIGURE 1 illustrates a typical communication 
system 10 that carries a telephone call placed from one 
or more source telephones 12 to one or more destina- 
tions 14, which may comprise another telephone or 
computerized device such as a voice mail system or 
voice recognition unit. For systems that support many 
users, the source telephones 12 are generally con- 
nected to a private branch exchange (PBX) 16 that 
routes a call through a public switched telephone net- 
work (PSTN) 18. Also connected to the PSTN 18 is a 
private branch exchange 20 that is connected to one or 
more destination telephones, voice mail systems or 
voice recognition units 14. 

[001 3] As indicated above, a caller wishing to place a 
call from one of the source telephones to a destination 
is charged each time a telephone call is placed over the 
PSTN 18. In order to reduce the cost of communication 
services, it is possible to place the calls from a source to 
the destination on an alternate route. For example, tele- 
phone calls can be placed on a computer network 24 
that is typically used to transmit computer data from one 
point to another. The computer network 24 is typically a 
LAN or wide area network such as the Internet. To 
transmit a telephone call on the computer network 24, 
the private branch exchanges 16 and 20 are each con- 
nected to a telephony Internet server 26 and 28, 
respectively Telephone calls can be routed from the pri- 
vate branch exchange 16 through the telephony Internet 
server 26, where they are transmitted over the computer 
network 24 to arrive at the telephony Internet server 28 
that is connected to the private branch exchange 20. 
The private branch exchange 20 then routes the tele- 
phone signals received to the destination telephone. 



voice mail system or voice recognition unit 14, thereby 
bypassing the public switched telephone network. 
[0014] Telephone calls placed over the computer net- 
work 24 are not typically free because the communica- 
tion lines that comprise the computer network 24 are 
generally leased. However, the excess capacity of these 
lines can be utilized without paying additional fees. 
Whether a telephone call is placed on the PSTN 18 or 
on the computer network 24, may be determined based 
on a variety of factors including the capacity of the com- 
puter network, the urgency of the call, the fidelity 
required, etc. 

[001 5] As described above, one of the probl ems asso- 
ciated with transmitting telephone signals over a com- 
puter network 24 such as the Internet, is the ability of a 
decoder to detect dual tone multi-frequency (DTMF) 
signals that are compressed and transmitted over such 
a network. In the example shown in FIGURE 1, the 
telephony Internet server 28, that is associated with the 
destination of the telephone call, receives compressed 
data packets and decompresses them to recreate the 
original telephone signals. If a user presses a key on a 
keypad of the source telephone 12, the DTMF signal 
generated is digitized, packetized, and compressed by 
the telephony Internet server 26 before being transmit- 
ted over the computer network 24. Upon receipt, the de- 
compressed DTMF signal will not maintain its spectral 
purity so that a digital signal processor at the destina- 
tion cannot determine whether the received packet is 
indeed representative of a DTMF signal. Therefore, in 
the past, users of a source telephone 12 have had diffi- 
culty controlling systems, such as a voice mail system 
or voice recognition unit, using DTMF signals when the 
call is routed over the compressed computer network 
24. 

[0016] FIGURE 2 illustrates another communication 
system in which a telephone call is routed over a com- 
puter network. In this example, the source comprises a 
computer system 30 that includes a central processing 
unit 32, keyboard 34, pointing device such as a mouse 
36, and speakers 38. Alternatively, the source may com- 
prise an Internet Protocol telephone which is designed 
specifically for transmitting telephone signals over com- 
puter networks. 

[0017] To generate the communication signals, the 
user speaks into a microphone or headset 40 that is 
connected to a sound card (not shown). DTMF signals 
are generated when the user presses the numbered 
keys on the keyboard 34. The voice signals received 
from the microphone 40 are digitized, packetized, com- 
pressed and transmitted on a local area network 50 by 
the central processing unit. If the call is to be transmitted 
over multiple LANs, or on a wide area network, the local 
area network 50 may be coupled to a router computer 
52 that transmits the digitized, packetized and com- 
pressed telephone signals to another network such as 
the Internet 54. 

[0018] At the destination, a telephony Internet server 
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56. which is also coupled to the Internet 54, receives the 
compressed telephone signals and decompresses 
them for supply to a private branch exchange 58. The 
private branch exchange is connected to a destination 
telephone, voice mail system or voice recognition unit 5 
60 as described above. Again, the problem with the 
communication system shown in FIGURE 2 is that the 
destination voice mail system, voice recognition unit, or 
PBX, has difficulty determining when touch-tone signals 
are generated by the source computer system 30 due to 10 
the nature of the compression performed prior to trans- 
mission of the packets on the local area network 50 and 
Internet 54. 

[001 9] FIGURE 3 is a block diagram of a system for 
transmitting DTMF signals on a compressed voice net- is 
work according to the present invention. The communi- 
cation system 100 comprises a sending telephone or 
computer 102 that transmits telephone signals to a des- 
tination or receiving telephone system 124. The receiv- 
ing telephone system 124 may be a conventional 20 
telephone used for voice communications or may com- 
prise a voice recognition unit, integrated voice response 
unit or other computer that responds to DTMF signals. 
[0020] To transmit telephone signals from the sending 
telephone 102 to the receiving telephone 124, signals 25 
from the sending telephone are applied to a splitter 104. 
The splitter 104 supplies the telephone signals to a pair 
of digital signal processors (DSP's) 106 and 108. The 
first digital signal processor 106 operates as a speech 
compressor and runs a speech compression algorithm 30 
that analyzes the telephone signals applied and com- 
presses them according to techniques well known in the 
art. The second digital processor 108 operates as a 
DTMF signal detector and also receives the telephone 
signals produced by the sending telephone 102. The 35 
second digital signal processor 108 analyzes the tele- 
phone signals received for the presence of one or more 
DTMF signals. Upon detecting a DTMF signal, the dig- 
ital signal processor 108 produces one or more codes 
that indicate to the receiving telephone that a DTMF sig- 40 
nal is being transmitted. For example, in one embodi- 
ment of the invention, the second digital signal 
processor 108 generates a confirmation packet that 
comprises either a second compressed DTMF signal or 
a packet containing an uncompressed DTMF signal. 45 
The confirmation packet is transmitted immediately 
after the packet containing the compressed DTMF sig- 
nal that is produced by the first digital signal processor 
106. The original data packet containing the com- 
pressed DTMF signal and the confirmation packet are so 
combined by a combination logic circuit 1 10 so that the 
two packets are transmitted on the same logical channel 
over the computer network to the destination telephone. 
[0021] In an alternative embodiment of the invention, 
the second digital signal processor 108 produces a 55 
numeric code that represents the DTMF signal 
detected. For example, if a user presses the numeral 4 
on their telephone keypad, the second digital signal 



processor 108 may produce one or more binary codes 
having a value of 004. However, any coding scheme 
that matches a code to a particular DTMF signal can be 
used, rf no DTMF signal is detected by the second dig- 
ital signal processor 108. then either no data or one or 
more null codes are produced. 

[0022] The compressed voice signals produced by the 
first digital signal processor 106 and the codes pro- 
duced by the second digital signal processor 108 are 
applied to the combination logic circuit 1 10 that inserts 
the data onto a logical channel for transmission on a 
computer network 112 such as the Internet. In the sec- 
ond embodiment of the invention, the combination logic 
circuit 110 places the compressed telephone signals 
and codes representing the DTMF signals produced by 
the digital signal processors 106 and 108 onto separate 
left and right virtual channels of a real time protocol 
(RTP) data stream. 

[0023] At the destination, packets received from the 
computer network 1 12 are applied to a separation logic 
circuit 1 1 4 that supplies the data received from the com- 
puter network 1 12 to a pair of digital signal processors 
116 and 1 18. The digital signal processor 116 operates 
as a speech decompressor and runs a speech decom- 
pression algorithm which converts the compressed 
speech received on the computer network 1 12 back to 
uncompressed speech. In addition, the speech decom- 
pression algorithm 116 attempts to decompress the 
DTMF signals that were compressed by the digital sig- 
nal processor 106. However, because these codes do 
not represent compressed speech, the output of the dig- 
ital signal processor 1 16 for these data packets will be 
meaningless. 

[0024] When the compressed speech signals and the 
codes representative of the DTMF signals are transmit- 
ted on separate virtual channels, the digital signal proc- 
essor 118 operates as a DTMF signal generator and 
analyzes each of the packets received on the other 
channel of the RTP data stream for codes that are indic- 
ative of a DTMF signal. Upon detection of such a code, 
the digital signal processor 118 recreates or synthe^ 
sizes an appropriate DTMF signal for supply to the 
receiving telephone 124. 

[0025] The outputs of the digital signal processors 1 1 6 
and 118 are supplied to a switch 120. The switch is 
selectable between a first position wherein the output of 
the digital signal processor 116, comprising the decom- 
pressed speech, is applied to the receiving telephone 
124. In the second position, the output of the digital sig- 
nal processor 118, comprising the recreated DTMF sig- 
nals, is supplied to the receiving telephone 124. The 
position of the switch is controlled by a switching logic 
circuit 122 that receives a signal from the digital signal 
processor 118. Upon the detection of a code indicative 
of a DTMF signal, the digital signal processor 118 sig- 
nals the switching logic circuit 122 in order to change 
the position of the switch 120 such that the recreated 
DTMF signals are supplied to the receiving telephone 
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124. When the digital signal processor 118 no longer 
detects the codes indicative of a DTMF signal, the dig- 
ital signal processor 118 signals the switching logic cir- 
cuit 122 to move the position of the switch 1 20 such that 
the output of the decompressed speech produced by 5 
the digital signal processor 1 16 is applied to the receiv- 
ing telephone 124. 

[0026] If the system indicates the presence of a DTMF 
signal by sending a confirmation packet on the same 
- channel as the voice data, the switch 120 remains con- 10 
nected to the output of the digital signal processor 1 16. 
The digital signal processor 116 analyzes each packet 
for the presence of a possible DTMF signal. If such a 
packet is received, the following packet is analyzed to 
confirm the presence of the DTMF signal. If no cortfir- 15 
mation packet is received, the previous packet is treated 
as voice data. 

[0027] . The communication system 100 described 
above allows the transmission of DTMF signals without 
the use of additional uncompressed channels. In addi- 20 
tion, because the data is transmitted on the same logi- 
cal channel, synchronization between the speech and 
signaling is maintained without any increases in band- 
width required. Finally, the system can be made sym- 
metrical whereby voice and DTMF signals produced by 25 
the telephone 124 for transmission to the telephone 102 
can also be split and applied to speech compression 
and DTMF signal detecting digital signal processors 
before being transmitted on the computer network. 
[0028] FIGURE 3 illustrates a series of steps per- 30 
formed by a telephony Internet server to transmit a 
DTMF signal on a compressed computer network. 
Beginning with a step 150, the telephony Internet server 
determines whether a stream of telephone signals 
(including voice and DTMF signals) is received. If not, 35 
processing returns to step 1 50 until such a stream of tel- 
ephone signals is received. Assuming that a telephone 
signal is being received, the telephony Internet server 
packetizes, compresses and transmits the signals on 
the computer network at a step 152. At a step 154, the 40 
telephony Internet server determines whether a DTMF 
signal was received. This is typically performed using 
the digital signal processor 108 described above that 
continually analyzes the received telephone signals for 
a sinusoidal signal having a pair of predefined frequen- 45 
ctes. If a DTMF signal is detected, a confirmation packet 
is transmitted at a step 156. As indicated above, the 
confirmation packet may comprise an additional com- 
pressed or uncompressed DTMF signal that is transmit- 
ted on the same logical channel immediately after the so 
packet that contains the compressed DTMF signal. 
Alternatively, a code representing the DTMF signal can 
be sent on a separate virtual channel to the receiving 
telephony Internet server. 

[0029] FIGURE 5A illustrates the series of steps per- ss 
formed by a telephony Internet server in order to accu- 
rately detect the transmission of a DTMF signal when a 
confirmation packet is transmitted on the same channel 



as the compressed voice data. Beginning with a step 
170, the telephony Internet server determines whether 
a data packet has been received from the computer net- 
work. If not, processing returns to step 170 until such a 
packet is received. Once a packet has been received, 
processing proceeds to a step 172, wherein the 
received packet is decompressed. At a step 174, a dig- 
ital signal processor in the telephony Internet server 
determines whether the decompressed packet may rep- 
resent a DTMF signal. If not, the received decom- 
pressed packet is processed as a conventional voice 
signal at a step 1 76. 

[0030] Assuming the answer to step 174 is yes, and 
the received packet may represent a possible DTMF 
signal, the decompressed packet is held at a step 180 
and the telephony Internet server begins looking for the 
confirmation packet to be transmitted. 
[0031 ] Beginning at a step 1 82, the telephony Internet 
server waits for the next data packet to be received. 
Once the next data packet is received, processing pro- 
ceeds to a step 184, wherein it is determined if the sub- 
sequent data packet received contains an 
uncompressed DTMF signal. If so, the latest packet is 
processed as a DTMF signal at a step 1 86, and the pre- 
viously held packet is ignored at a step 188. 
[0032] If the answer to step 184 is no and the subse- 
quent packet does not contain an uncompressed DTMF 
signal, the packet that was held at step 180 is proc- 
essed as a conventional voice signal at a step 190. The 
subsequent data packet is then decompressed at a step 
192 and processing then returns to the step 174 to 
determine whether the subsequent packet may contain 
a possible compressed DTMF signal. The steps shown 
in FIGURE 5A continue as long as packets of telephone 
signals are received from the compressed computer 
network. 

[0033] FIGURE 5B illustrates the steps performed by 
the present invention when the voice packets and codes 
representative of DTMF signals are transmitted on sep- 
arate virtual channels of the same logical channel. 
Beginning with a step 200, the receiving telephony 
Internet server determines if a data packet has been 
received. If so, processing proceeds to a step 202 
where the packets on each virtual channel (referred to 
as channel A and channel B) are separated. At a step 
204, the receiving telephony Internet server determines 
whether the packet received on the virtual channel B is 
representative of a DTMF signal, rf so, the packet is 
treated as a DTMF signal. If the answer to step 204 is 
no, then the packet received on virtual channel A is 
decompressed at a step 208 and processed as voice 
data at a step 210. 

[0034] As can be seen from the above, the present 
invention allows systems such as voice mail systems or 
voice recognition units that are operated by DTMF sig- 
nals to be accessed from computer networks that carry 
compressed data. As such, voice mail systems or voice 
recognition units can be accessed from local area or 
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wide area networks such as the Internet. 
Claims 



The embodiments of the invention in which an 
exclusive property or privilege is claimed are defined as 
follows:- 

1. A method of transmitting dual tone multi-frequency 
.(DTMF) signals on a computer network, compris- 
ing: receiving a telephone signal to be transmitted 
on the computer network; 

determining whether the telephone signal to be 

transmitted is a DTMF signal; 

digitizing the received telephone signal and 

dividing the digitized signal into a series of 

packets; 

compressing the series of packets; 
transmitting the compressed packets on the 
computer network; and 
if a compressed packet contains a DTMF sig- 
nal, then transmitting a confirmation packet 
after the packet that contains the compressed 
DTMF signal. 

2. The method of Claim 1 , wherein the step of trans- 
mitting the confirmation packet comprises the step 
of: 

transmitting a packet containing an uncom- 
pressed DTMF signal. 

3. The method of Claim 1 , wherein the step of trans- 
mitting the confirmation packet comprises the step 
of: 

transmitting one or more additional packets 
containing a compressed DTMF signal. 

4. The method of Claim 1 , wherein the packets and 
the confirmation packet are transmitted on a same 
logical channel on the computer network. 

5. The method of Claim 1, wherein the packets and 
the confirmation packet are transmitted on different 
virtual channels of the same logical channel on the 
computer network 

6. The method of Claim 1, further comprising deter- 
mining if a DTMF signal has been received on the 
computer network by: 

receiving a compressed packet on the compu- 
ter network; 

determining whether the packet received con- 
tains a compressed DTMF signal, and if so, 
receiving a subsequent packet on the compu- 
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ter network; and 

determining whether the subsequent packet is 
the confirmation packet that indicates that the 
previous packet contains a compressed DTMF 
signal. 

The method of Claim 6, further comprising the step 
of: 

applying a DTMF signal to a voice mail system 
if the subsequent packet indicates that the pre- 
vious packet contains a compressed DTMF 
signal. 

The method of Claim 6, further comprising the step 
of: 

applying a DTMF signal to a voice recognition 
unit if the subsequent packet indicates that the 
previous packet contains a compressed DTMF 
signal. 

A method of transmitting DTMF signals on a com- 
puter network, comprising the steps of: 

receiving a telephone signal including voice 
signals and DTMF signals; 
simultaneously compressing the received tele- 
phone signal and analyzing the received tele- 
phone signal for the presence of a DTMF 
signal; 

generating one or more codes representing the 
DTMF signal if a DTMF signal is detected; and 
transmitting the compressed telephone signal 
and the one or more codes representing the 
DTMF signal on the computer network. 



10. The method of Claim 9 ( wherein the step of trans- 
mitting the compressed telephone signal and the 
40 one or more codes representing the DTMF signal 
are sent on the same logical channel 



11. The method of Claim 9, wherein the step of trans- 
mitting the compressed telephone signal and the 
one or more codes representing the DTMF signal, 
comprises: 

transmitting the compressed telephone signal 
on a first virtual channel of a multichannel real 
time protocol data stream; and 
transmitting the one or more codes represent- 
ing the DTMF signal on a second virtual chan- 
nel of a multichannel real time protocol data 
stream. 

12. The method of Claim 9, further comprising the 
steps of: 
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receiving the compressed telephone signals 
and the one or more codes representing the 
DTMF signal from the computer network; 
simultaneously decompressing the com- 
pressed telephone signals and detecting 
whether one or more codes representing 
DTMF signals have been received from the 
computer network; 

generating DTMF signals if one or more codes 
representing the DTMF signals are received; 
and 

supplying either the decompressed telephone 
signals or the generated DTMF signals to a 
receiver. 

13. The method of Claim 12, wherein the step of sup- 
plying either the decompressed telephone signals 
or the generated DTMF signals to a receiver com- 
prises the steps of: 

supplying the decompressed telephone signals 
to the receiver if the one or more codes repre- 
senting the DTMF signals are not detected; or 
supplying the generated DTMF signals to a 
receiver if one or more codes representing the 
DTMF signals are detected. 

1 4. A communication system for transmitting telephone 
signals between a sending telephone unit and a 
receiving telephone unit, comprising: 

a sending telephone unit that generates tele- 
phone voice signals including one or more 
DTMF signals; 

a splitter that receives the telephone voice sig- 
nals and DTMF signals from the sending tele- 
phone unit and supplies the telephone voice 
signals and DTMF signals to a speech com- 
pressor that compresses the telephone voice 
signals and DTMF signals and to a DTMF sig- 
nal detector that detects the presence of a 
DTMF signal and creates one or more codes 
that represent a detected DTMF signal; and 
a multiplexer that receives an output of the 
speech compressor and an output of the DTMF 
signal detector and transmits the compressed 
telephone voice signals and one or more codes 
representing the DTMF signals on a single 
channel of a computer network. 

15. The communication system according to Claim 14, 
further comprising: 

a channel splitter that receives the compressed 
telephone voice signals and the one or more 
codes representing the DTMF signals from the 
computer network; 

a speech decompressor that receives the com- 



pressed telephone voice signals from the chan- 
nel splitter and decompresses the telephone 
signals; 

a DTMF signal generator that receives the one 
5 or more codes representing the DTMF signals 

from the channel splitter and generates a 
DTMF signal corresponding to the one or more 
codes representing the DTMF signals 
received; and 

10 a switch that couples the decompressed tele- 

phone signals produced by the speech decom- 
pressor or the DTMF signals generated by the 
DTMF signal generator to the receiving tele- 
phone unit. 

75 

16. The communication system according to Claim 15, 
wherein the receiving telephone unit comprises a 
voice recognition unit. 

20 17. The communication system according to Claim 15, 
wherein the receiving telephone unit comprises an 
integrated voice response unit. 

18. The communication system according to Claim 15. 
25 wherein the computer network comprises the Inter- 
net. 

19. The communication system according to Claim 15. 
wherein the computer network comprises a local 

30 area computer network. 

20. The communication system according to Claim 15, 
wherein multiplexer places the compressed tele- 
phone signals on a first channel of a real time pro- 

35 tocol data stream and the one or more codes 
representing the DTMF signals on a second chan- 
nel of the real time protocol data stream. 
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